Abstract This article proposes a new output-based method for non-intrusive assessment of speech quality of voice communication systems and evaluates its performance. The method requires access to the processed (degraded) speech only, and is based on measuring perception-motivated objective auditory distances between the voiced parts of the output speech to appropriately matching references extracted from a pre-formulated codebook. The codebook is formed by optimally clustering a large number of parametric speech vectors extracted from a database of clean speech records. The auditory distances are then mapped into objective Mean Opinion listening quality scores. An efficient data-mining tool known as the self-organizing map (SOM) achieves the required clustering and mapping/reference matching processes. In order to obtain a perception-based, speakerindependent parametric representation of the speech, three domain transformation techniques have been investigated. The first technique is based on a perceptual linear prediction (PLP) model, the second utilises a bark spectrum (BS) analysis and the third utilises mel-frequency cepstrum coefficients (MFCC). Reported evaluation results show that the proposed method provides high correlation with subjective listening quality scores, yielding accuracy similar to that of the ITU-T P.563 while maintaining a relatively low computational complexity. Results also demonstrate that the method outperforms the PESQ in a number of distortion conditions, such as those of speech degraded by channel impairments.
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Introduction
In a highly competitive telecommunications market, the focus of quality of service (QoS) is increasingly moving to enduser quality of experience (QoE) and service-level agreements (SLAs) are changing to reflect more directly how end-users experience their applications' performance. Within this context, the quality of the communicated speech has become one of the most important factors of the QoE for voice communication systems. Continuous assessment of the speech quality is thus of great importance for both service providers and system designers, in order to improve QoE and maintain customers' satisfaction of quality. Over the years, the International Telecommunication Union Telecommunication Standardization Sector (ITU-T) has developed a series of standardized methods that allows subjects to make judgments on speech quality in a range of controlled conditions known as subjective listening tests. In a typical listening test, subjects hear speech recordings processed through about 50 different network conditions, and rate them using a simple opinion scale such as the ITU-T 5-point listening quality scale [1] . The average score of all the ratings registered by the subjects for a condition is termed the mean opinion score (MOS). Recently ITU-T approved Recommendation P.800.1 [2] that provides a terminology to be used in conjunction with MOS. This new terminology is motivated by the intention to avoid misinterpretation as to whether specific values of MOS are related to listening quality or conversational quality, and whether they originate from subjective tests, from objective models or from network planning models. The following identifiers are recommended to be used together with the abbreviation MOS in order to distinguish the area of application: LQ to refer to Listening Quality, CQ to refer to Conversational Quality, S to refer to Subjective testing, O to refer to Objective testing using an objective model, and E to refer to Estimated using a network planning model. Subjective tests are, however, slow and expensive to conduct, making them accessible only to a small number of laboratories and unsuitable for real-time traffic monitoring. Computational models that validly and reliably predict MOS are deemed more suitable for field applications, motivating two decades of evolving research activities into the field of objective speech quality assessment [3, 4] . As results, a number of objective speech quality measures which provide automatic assessment of voice listening quality without the need for human listeners are currently available and widely used. It has to be emphasised here that properly designed subjective listening tests are and will always be the most reliable method for obtaining true measurement of users' perception of speech quality. They are also the reference of all objective models that have been developed to-date.
Early attempts at developing computational models for speech quality assessment were based on assuming that any time-domain difference between the original and processed speech signals is noise, leading to poor quality. Schroeder et al. [5] were the first to apply such models for quality assessment by proposing a simple masking method to estimate the audibility of coding noise in a speech coder. In 1985, Karjalainen [6] proposed a model that is based on a comparison of auditory transforms of the original and processing signals. He introduced a more general technique for estimating error audibility based on a comparison of audible time-frequency-loudness representations using the auditory spectrum distance (ASD). By doing so, he proposed a model that can be adapted to simulate a much wider range of perceptual effects, and hence his approach has been much more successful and influential in this field. In the early 1990s, several new perceptual models for evaluating the quality of speech and audio coders emerged. For example, Wang et al. [7] proposed an approach similar to that of Karjalainen, but without temporal masking, to compute loudness on a Sone scale in Bark bands and evaluate the mean squared Bark spectral distance (BSD). The perceptual approach was also explored for quality assessment of audio coders and systems. Beerends and Stemerdink's perceptual audio quality measure (PAQM), for example, introduced the asymmetry factor, weighting the difference in each time-frequency cell by the power ratio of the reference and degraded signals [8] . The measure was then adapted into a method for speech coder evaluation known as the perceptual speech quality measure or PSQM [9] . The PSQM was later adopted as ITU-T Recommendation P.861 in 1996 [10] .
Most of the models described above were developed for testing speech or audio coders. However, real telecommunications networks are known to introduce certain additional effects, such as level changes, unknown delay and linear filtering, which may vary dynamically. Ignoring such effects may cause false errors being observed in computational models that use the method of comparison of auditory transforms, leading to highly inaccurate quality scores. Hence, from the mid-1990s, the focus of speech quality assessment models shifted to solving these problems by developing models that maintain their accuracy when used in real networks. Within this context, Rix and Hollier [11] used a combination of phaseless cross-spectrum-based transfer function equalization and spectral difference, for partial equalization in a model
